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reduce interference by reflections from the structure.
13 Claims, 6 Drawing Sheets This invention relates to acoustic vector probes and more specifically to acoustic vector probes designed to measure Sound intensity in a half-space.
BACKGROUND OF THE INVENTION Acoustic Vector Probes
An acoustic vector probe (AVP) measures the sound-inten sity vector. The Sound-intensity vector is the time average of Sound-power flow per unit area and is a non-propagating quantity. Its primary use is to determine the direction of a sound source. Previous AVPs operated in three-dimensional space. However in many applications, an AVP may be located next to a wall or on the ground, so that it has to operate within a half space.
AVPs are described in 1. R. Hickling, 2006, Acoustic Measurement Method and Apparatus", U.S. Pat. No. 7,058,184, Jun. 6, 2006 . The technical information contained in this patent is hereby incorporated herein by reference. AVPs may consist of a regular tetrahedral arrangement of four omnidirectional microphones. The microphones simultaneously measure the three fundamental quantities of acoustics, namely the Sound intensity and Sound-Velocity vectors, and Sound pressure, at a point. AVPs are more accurate, more compact and less expen sive than previous instruments for measuring the Sound-in tensity vector. AVPs usually measure the sound-intensity vec tor as a digital Fourier transform (DFT), using the cross spectral method described in 2. J.Y. Chung, 1980 , "Sound Intensity Meter, U.S. Pat. No. 4,236,040, Nov. 25, 1980 The cross-spectral method provides information about the frequency characteristics of a sound Source, enabling the AVP to distinguish one source from another. Sources are also dis tinguished from one another by how they occur in time.
In using an AVP to determine the direction of a sound Source from the Sound-intensity vector, it is necessary for the AVP to be omnidirectional, i.e. equally sensitive to sound from all directions. All the microphones in the AVP should be omnidirectional. In addition a procedure for ensuring the AVP itself is omnidirectional and accurate is described in 3. R. Hickling, 2006, "Normalizing and The present invention measures the Sound-intensity vector using an AVP in a half space. Analog data from the AVP is transmitted to a digital signal processor via an analog-to digital converter and computed results are presented using a suitable output device.
The acoustic vector probe has four omnidirectional micro phones located at the vertices of an imaginary regular tetra hedron with edges of equal length. In the illustrated embodi ment, an AVP consists of four omnidirectional microphones positioned at the vertices of an imaginary regular tetrahedron with edges of equal length d. The components of the sound intensity vector are computed by the signal processor relative to a Cartesian system of coordinates formed by Straight lines 40 joining the mid-points of opposite edges of the tetrahedron. The four small omnidirectional microphones of the AVP can be supported by narrow Straight tubes that protrude per pendicularly from a ring into the half space, parallel to the axis of the ring. The tubes consist of two pairs, each pair having a particular length, one pair having a length longer than the other by an amountd/V2. Each of the pairs of tubes is attached circumferentially at diametrically opposite positions at ninety degree intervals around the ring.
In addition to being omnidirectional, each microphone of the AVP can be normalized with respect to a single omnidi rectional comparison microphone, so that all the micro phones in the probe have a Substantially identical frequency response, thus making the probe itself omnidirectional. To determine the magnitude of the Sound intensity vector accu rately the single omnidirectional comparison microphone can be a standard microphone with known acoustical character istics. In the normalization and calibration procedure the lengths of the four narrow straight tubes can be adjusted so that the faces of the four microphones of the AVP and the standard microphone lie in the same plane and exposed to sound from a closely-positioned loudspeaker. When the pro cedure has been completed the standard microphone is removed and the lengths of the narrow straight tubes can be re-adjusted so that the four microphones of the AVP are again at the vertices of the regular tetrahedron.
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The cross-spectral formulation (to be described later) is used to calculate the Sound-intensity vector, based on finite difference approximations. These approximations require that the distanced between microphones satisfies the condi tion 2. Ud-c/f, where c is the speed of sound and f is the frequency being measured. The condition 2 Ud-cff places an upper limit on the frequency of the Sound-intensity measure ment. However the frequency range of the measurement can be extended using a nested arrangement of two or more AVPs with the same coordinate system and measurement point.
Reflections from the surface forming the boundary of the half space and from objects on the Surface can be prevented from interfering with measurement of the Sound-intensity vector by setting the AVP within a concave solid structure. Interference by reflections from inside the concave structure can be prevented by lining the inside with a sound-absorbing 
DESCRIPTION OF THE PREFERRED EMBODIMENT
An AVP consisting of four microphones located at the Vertices of an imaginary regular tetrahedron, as described earlier, is used to measures the Sound-intensity vectorina half space. The Sound-intensity vector can determine the direction of a sound source. Methods of normalizing and calibrating the four microphones of the AVP are described. Reflections from the boundary of the half space next to the AVP and from objects on the boundary are prevented from interfering with the sound-intensity measurement by setting the AVP within a concave solid structure. The inner surface of the structure is lined with sound-absorbing material to prevent interference from reflections from the structure. FIG . 6 shows the adjustments that can be made to the lengths of the tubes so that the omnidirectional microphones 1, 2, 3 and 4 of the AVP 40 lie in a plane together with the standard omnidirectional microphone 80 with known acous tical characteristics. Following the procedure described in Ref. 3, sound from a closely-positioned loudspeaker 95, can be applied to normalize and calibrate the microphones of the AVP 40. Normalizing, based on the use of transfer functions between the standard microphone and the microphones of the AVP 40 (described below), makes the frequency response of the microphones of the AVP 40 substantially the same, thus making the AVP 40 omnidirectional. The known acoustical characteristics of the standard microphone 80 can then be used by the digital signal processor 68 to calibrate the AVP40.
The use of transfer functions in the normalization and calibration procedure can be described mathematically as follows. Standard DFT (digital Fourier transform) techniques are performed in the microprocessor to determine the transfer function H1C(f) between microphone 1 (for example) and the standard omnidirectional microphone C, as follows where G1C(f) is the cross-spectrum between the signal at microphone 1 and the standard omnidirectional microphone C, given by and G11(f) is the auto-spectrum of the signal at microphone 1 given by where the asterisks denote the complex conjugate. To make the signal Fp1(f) at microphone 1 look like the signal FpC(f) at the calibration microphone C, it is multiplied by the trans fer function in Equation (1) 
to give
The process is repeated for microphone 2 using relations corresponding to Equations (1) through (4) with 2 substituted for 1, as follows To make Fp2(f) look like FpC(f), Fp2(f) is multiplied by the transfer function in Equation (5) to give Transfer functions for microphones 3 and 4 in the AVP are obtained in the same way. In this way all four microphones in the probe can be made to look like the standard omnidirec tional microphone C, making the sensitivity of the probe omnidirectional and calibrating the individual microphones using the known acoustical characteristics of the standard microphone. A similar procedure can be used for the micro phones of nested arrangements of AVPs described below. The transfer functions are stored in the signal processor for later use in measurements with the probes.
FIGS. 7 and 8 show elevation and plan views of a nested arrangement of two AVPs 40 and 40' with spacings d and d. respectively, which extend the frequency range of the vector sound-intensity measurements. The two AVPs have the same Cartesian coordinate axes and measurement point M. Accord ing to the condition 2 ta<c/f, where c is the speed of sound and f is the frequency being measured, the outer AVP 40' with spacing did measures more accurately at lower frequencies when f is larger and the inner AVP 40 with spacing d=d measures more accurately at higher frequencies when f is Smaller. The two sets of measurements are merged over the frequency range by the digital signal processor 68. Nested arrangements can be constructed for more than two AVPs.
It is necessary to prevent sound reflections from interfering with measurements by the AVP 40. FIG.9 shows an AVP40 within a concave solid structure 55 whose inner surface is lined with an absorbing layer 65 which could be a porous material Such as sponge or cotton fiber. The concave solid structure 55 prevents acoustical reflections from the surface 100 and from nearby objects on the surface from interfering with measurements by the AVP 40. The absorbing layer 65 prevents reflections from the inner surface of the concave Solid structure from interfering with the measurements.
Calculations to determine the components of the Sound intensity vector from measurements at the four microphones of the AVP 40 are performed by the signal processor 68. The calculations also determine at the same measurement point, the two other basic quantities of acoustics, namely sound Velocity and Sound pressure. The mathematics of the calcu lation method can be described as follows: in FIG. 2 , corresponding Sound pressures p1, p2. p3 and p4 are digitized using the analog-to-digital converter and recorded in the digital signal processor. The discrete Fourier transforms (DFTs) of the sound pressures are then computed, normalized and calibrated using the transfer-func tion procedure described above, giving the modified trans forms Fp1(f), Fp2(f), Fp3(f) and Fp4(f). For simplicity, the frequency dependence (f) will be dropped. Finite difference approximations (derived from Taylor series expansions) are then applied to obtain the DFTs of the sound pressures at the six midpoints of the edges of the regular tetrahedron at 12, 13, 14, 23, 24 and 34 in FIG. 2, giving respectively Fp4)/2.
These approximations are accurate to the second order, i.e.
order (kd)/4, provided.
kid/231 (10) The components of the Sound-intensity vector at the mea surement point M are determined from the sound pressure DFTs in Equation (9), using the cross-spectral formulation described by Chung in reference 2. The components are where Im is the imaginary part and CS is the cross spectrum of the sound pressures at the midpoints of the opposite edges of the imaginary regular tetrahedron in FIG. 2 , and p is the density of the air medium which is approximately 1.2 kg/m.
The amplitude of the sound intensity vector is given by expressed in SI units of watts per meter squared.
The classical far field approximation for Sound intensity is still widely used and may be employed in the computation as a comparison. This approximation is valid for plane and spherical waves and gives the Sound-intensity amplitude as where c is the speed of sound in the fluid medium (approxi mately 344 m/s for air) and FpM is the finite-difference approximation of the DFT of the sound pressure at the mea Surement point M given by in SI units of pascals.
The components of the sound-velocity vector are obtained from the finite-difference approximations of the X, Y and Z components of the pressure gradient at the measurement point M, which are 7 where again these are accurate to second order. The X,Y and Z components of the DFTs of the sound-velocity vector are then where the coefficient Ki/(p27tf), i being the square root of -1. In SI units these components are in meters per second. The amplitude of each component is given by
The amplitude of the sound velocity vector is then given by Unlike the sound-intensity vector, the sound-velocity vector has a 180 degree ambiguity in direction.
The above equations can be developed using Software such as LabVIEW and MATLAB and converted into C++ or other Suitable computer language for use in the signal processor 68. While the invention has been described by reference to certain preferred embodiments, it should be understood that numerous changes could be made within the spirit and scope of the inventive concepts described. Accordingly it is intended that the invention not be limited to the disclosed embodiments, but that it have the full scope permitted by the language of the following claims.
I claim:
1. An apparatus which measures the Sound-intensity vector in a half space bounded by a surface, the apparatus compris ing:
an acoustic vector probe for determining a Sound-intensity vector in three dimensional space in front of said Sur face;
said Surface being in proximity to said acoustic vector probe to limit sound measurement to said half space bounded by said surface; an analog-to-digital converter connected to the acoustic vector probe; a digital signal processor receiving input from the analog to-digital converter and computing the Sound-intensity vector measured by said acoustic vector probe; an output device for the digital signal processor.
2. The invention as in claim 1, wherein said acoustic vector probe has four omnidirectional microphones located at the Vertices of an imaginary regular tetrahedron with edges of equal length.
3. The invention as in claim 2, wherein the components of said sound-intensity vector are computed by said digital sig nal processor relative to the Cartesian coordinate axes formed by Straight lines joining the mid points of opposite edges of the imaginary tetrahedron, the origin of said Cartesian coor dinate axes being the measurement point for said sound intensity vector.
4. The invention as in claim3, wherein the frequency range of said measurement of said Sound-intensity vector is extended using a nested arrangement of two or more of said acoustic vector probes sharing said Cartesian coordinate sys tem with same said measurement point for said sound-inten sity vector.
5. The invention as in claim 2, wherein said four omnidi rectional microphones are Supported at the ends of four tubes that are narrow and straight.
6. The invention as in claim 5, wherein the narrow straight tubes are attached perpendicularly to a ring and protrude from the ring into said half space parallel to the axis of said ring. The invention as in claim 6, wherein said four narrow straight tubes consist of two pairs, each pair of equal length, one pair having a length longer than the other by an amount equal to the length of said edge of said regular tetrahedron, divided by the square root of two.
8. The invention as in claim 7, wherein said lengths of said narrow straight tubes are adjustable relative to said ring so that said four omnidirectional microphones, together with a standard omnidirectional microphone, lie in a plane parallel to said ring.
9. The invention as in claim 8, wherein said omnidirec tional microphones of said acoustic vector probe together with the standard omnidirectional microphone are exposed to Sound from a closely-positioned loudspeaker, thereby permit ting said omnidirectional microphones of said acoustic vector probe to be normalized and calibrated with respect to said standard omnidirectional microphone.
10. The invention as in claim 6, wherein each of said pairs of said narrow straight tubes is attached to said ring at dia metrically opposite positions at ninety-degree intervals around said ring.
11. The invention as in claim 6, wherein acoustic interfer ence with measurement of said sound-intensity vector caused by echoes from the boundary of the half space and objects on said boundary is reduced by attaching a solid concave struc ture to said ring Supporting said acoustic vector probe.
12. The invention as in claim 11, wherein the inside of the Solid concave structure is lined with sound-absorbing mate rial to prevent interference with said measurement of said Sound-intensity vector from echoes from said Solid concave Structure. 13. A calculation method for acoustic measurement, com prising the steps: a. receiving analog sound-pressure signals at the tetrahe dral arrangement of four microphones of an acoustic vector probe, said acoustic vector probehaving a surface located in proximity behind said microphones to limit Sound measurement to a half space in front of said microphones; b. simultaneously converting said analog Sound-pressure signals into digital form and inputting these signals to a digital signal processor; c. computing the discrete Fourier transforms of the pres Sure signals; d. normalizing and calibrating said discrete Fourier trans forms in said digital signal processor by multiplying them by said discrete transfer functions as determined by the ensemble averages of the transfer functions between the microphones of said acoustic vector probe and said Standard omnidirectional microphone and stor ing said ensemble averages in the memory of said digital signal processor for use in the measurement calcula tions;
e. taking arithmetic averages of said normalized and cali brated pressure signals two microphones at a time in said acoustic vector probe to determine discrete Fourier transforms of the sound pressure at the midpoints of the edges of said tetrahedral arrangement joining each of said two microphones; f. calculating the imaginary part of the cross spectra of the discrete Fourier transforms of the sound pressure at opposite midpoints in said tetrahedral arrangement and multiplying by an appropriate factor to obtain the Car tesian components of the discrete Fourier transform of the Sound-intensity vector at the measurement point of the said acoustic vector probe; 9 10 g. taking the difference between the discrete Fourier transi. Summing the normalized and calibrated signals at the forms between opposite midpoints and dividing by an four microphones and dividing by four to obtain a trans appropriate factor, to obtain the components of the trans form of the Sound pressure at the measurement point of forms of the pressure gradient at said measurement point said acoustic vector probe;
of the probe; 5
h. multiplying the components of the transforms of the j. outputting desired values for Sound intensity, Velocity pressure gradient by a conversion coefficient to obtain and pressure. the components of the discrete Fourier transform of the Sound Velocity-vector at said measurement point of the probe; k . . . .
